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Signal strength information d ependent control of small eleci^odvnamic transdnggr^ 

in audio systems 

The present invention relates to a reproduction of voice and audio signals on devices 
10 with audio systems using small electrodynamic transducers and which are particularly 
able to reproduce audio frequency signals within a high dynamic range. 

Electrodynamic transducers or electrodynamic speakers, lespectivelyy are used in many, 
particularly mobile appliances, like for instance portable radios or playback equipmrat 

15 as e.g. mp3-playars, small disk players or pocket sized tape players but also in mobile 
telecommimication terminals like e.g. mobile phones, i)ersonal digital assistants or the 
like for an implementation of a variety of acoustic functions like for instance voice or 
audio data transmission or a generation of certain signalling tones. As mobile appliances 
are continuously subject to miniaturisation, the available space left for integrating a 

20 speaker is also shrinking continuously. Acoustic engineers will therefore seek for 
electrodynamic transducers or speakers, respectively, with continuously smaller 
membrane area and/or reduced thickness. 

For most small loudspeakers, ^e circumference of the membrane is significantly 
25 smaller than the wavelength of the sound produced by the speaker at least in the lower 
audio irequmcy range. To compensate for the resulting impairment of the transducing 
efficiency at lower firequencies, the membrane velocity has to be increased inversely 
proportional with decreasing frequency. A uniform transducing efficiency can thus be 
obtained within the complete frequency range of a respective electrodynamic . 
30 loudspeaker. 

To this effect, the membrane resonant frequency of an electrodynamic transducer is set 
close to the lower end of the frequency range to be transduced, and the electrodynamic 
loudspeaker is operated with a constant voltage drop across its coil impedance. The 
35 latter requirement can easily be accomplished by operating the speaker with a low 
ou^ut impedance audio circuit. The combined inertial mass of the membrane, the coil 
of the speater, and the moved air will thus be driven with a more or less constant force. 

. Wh^ being operated with a firequency independent constant voltage drop, the 
40; oscillation amplitude of the electrodynamic - t^ membrane is inversdiy 
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proportional to the square of the signal ftequency. High membrane oscillation 
amplitudes at low frequencies have to be ^tpected for tiiis operation mode. If the 
oscillation amplitude of the membrane exceeds a certain limit, an electrical audio 
fKqviaicy signal wiU not be transduced properly into a respective sound signal, but 

5 distortions and clipping wiU occur. Sometimes, the speaker would even be damaged. 
The level allowed for audio ftequency signals at low frequ«icies is therefore limited by 
the maximum oscillation amplitude of the speaker membrane. It is to be noted, that the 
explained applies particularly also to mobile tdecommunication terminals with leak 
tolerant as well as to those with a not leak tolerant deagn of an acoustic cabinet for an 

10 electrodynamic transducer. Where ^plicable in the furtha description, tiie abbreviation 
•audio signal' will be used for a denomination of an audio ftequency signal usually in 
an electrical form. 

The overall effidMi<^ of an electrodynamic transducer is strongly ooirdbted witii the 
15 size of its membrane area. Larger membrane areas yield a higher efficioicy than 
smaller ones. To improve the effiraency of a givai electrodynamic speaker with a 
respectively small membrane area, the membrane and its suspension have to be 
engineered for a scaled-up oscillation amplitude. The usual requirement of designing an 
electrodynamic speaker as thin as possible sets a certain limit to respective development 
20 trends. For a given signal with a given spectrum, the sound pressure achievable with a 
thin and small electrodynamic transduce: is therefore limited by the small range allowed 
for membrane oscillation amplitudes. 

Improv@ai«its of the tiiansducing effidaicy can be achieved by reducing the inertial 
25 mass of a speakers moving parts which are formed by the membrane, the driving coil, 
and the suspension. As tiie stiffness of the membrane suspension cannot be reduced 
below a certain limit, speakers designed for a high dynamic range, i.e. a high range in 
sound volume, usually have an exceptionally high membrane resonant ftequency thus 
raising the lower limit ftequency of the tiransducing frequency response. 

30 

An acoustic engineer seeking for a good sound quality and a high dynamic range for an 
acoustic speaker of a small acoustic system like e.g. that of a mobile telecommunication 
device therefore has to find a compromise between lowering the resonant ftequency for 
an improvement of the sound quality and raising the resonant ftequency for an extended 
35 dynamic range. 

BP 0 071 845 Bl proposes an audio system for a hearing aid which splits the audio 
signal into several channels, amplifies the signal of each channel individually, and 
combines the thus processed individual signals for being transduced by a small 
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loudspeaker. The improvement in sound quality achieved is obtained by a high 
complexity of the circuitry as sqpanUe filters and amplifiers axe required for each 
channel. 

5 The same drawback has to be stated for the system proposed in WO 94/23 548. Jn 
addition to EP 0 071 845 Bl, the system defines two thresholds for the output signal of 
each channel, the gain of which is increased for the output signal fialling below the 
lower threshold value defined and reduced for the output signal exceeding the higher 
threshold value defined. 

10 

US 4 739 514 and US 5 361 381 superimpose to an original audio signal an amplified 
lowpass filtered signal of the saine origin to boost the bass fi»quency range of the audio 
signal. The rdative boost of the bass frequency range varies with the strength of the 
audio signal. It is high for low signal levels and low for high signal levels for to 
15 compensate for the low sensitivily of the human hearing for bass fi^quencies at low 
sound pressures. The proposed system is designed for high power speaker systnns 
which use membranes of sufficient size to transduce audio signals with high levels in 
the lower fijequency region. US 5 361 381 applies the said to the woofer of a 
loudspeaker system only. 

20 

The object of the presoit inventicm instead is to provide a good sound quality and a high 
dynamic range for sound signals produced by an audio system with just one small 
electrodynamic transducer. 

25 The above object is achieved by the invention as defined in the independent claims. 

In particular, the above object is achieved by a control circuit for a signal strength 
information dependent firequency response adaptation of an audio signal for an 
electrodynamic transducer with a signal strength information determination means for 

30 determining a signal strength information according to the level of the audio signal, and 
a modifying means for fiequency- selectively modifying the audio signal in response to 
the signal strength information such, that the electrodynamic transducer converts the 
audio signal into a low distortion sound signal for high levels of an audio signal and 
with a flat fiiequency response for low levels of an audio signal, whereby a lower 

35 fiequraicy range of the audio signal is modified \wlth a gain different to a gain of 'a 
hi^er fiequraicy range of the audio signal, and a fiequency separating the lower 
frequency range fix)m the higher firequency range is shifted towards higher values for an 
increasing level of the audio signal and towards lower values for a decreasing le/el of 
. the audio signal. . ., , .• . 
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The above object is further achieved by a method for a signal strength information 
dependent frequency response adaptation of an audio signal for an electro-dynamic 
transducer, comprising a step for determining a signal strength information according to 
5 the level of the audio signal, and a step for frequency selectively modifying the audio 
signal in response to the signal strength information such, that the electro-dynamic 
transducer converts the audio signal into a low distortion sound signal for high levels of 
an audio signal and with a flat frequency response for low levels of an audio signal, 
whereby a lower frequency range of the audio signal is modified with a gain differrat to 
10 a gain of a higher frequency range of the audio signal, and a frequency separating the 
lower frequmcy range from the higher frequency range is shifted towards higher values 
for an increasing level of the audio signal and towards lower values for a decreasing 
level of the audio signal. 

15 The above object is further achieved by a computer software product for use on an 
audio system , implementing a control circuit according to the present invention by 
processing a method according to the present invention when being stored in a storage 
means and being executed by a processing means of the audio system. 

20 FurthCT, the above object is a achieved by a mobile telecommunication terminal 
comprising a control circuit according to the present invention or a storage means and a 
processing means for executing a computer software product according to the present 
invention for a level dependmt frequency selective adaptation of an audio signal to the 
electro-mechanical properties of an electrodynamic transducer qperated by the mobile 

25 tominal. 

The present invention allows to advantageously adapt the frequency response of an 
audio signal to the electro-mechanical properties of a small electrodynamic transducer 
by not only weighting the lower and the higher frequency ranges of a signal differently, 
30 but by adaptively adjusting the limit frequency separating the lower from the higher 
frequency range according to a signal strength information of an audio signal being 
transduced. 

Further developments of the present invention are set forth in the dependent claims. 

35 

Shifting the limit frequency separating the lower from the higher frequency range is 
effectively accomplished by modifying means comprising a high pass filter with a cut- 
off firequency being shifted towards higher frequencies for increasing levels of tiiie audio 
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signal and being shifted towards lower frequencies for decreasing levels of the 
respective audio signal. 



An audio signal strength information is fstvourably being determined ftom a volume 
5 setting on the mobile teleconununication terminal allowing an implementation of the 
present invention with less compl»it/. Alternatively, the audio signal strength 
information can be determined from a current amplitude or from a current energy 
content of the audio signal as a whole, so that the modifying means is able to react to 
the actually present signal strength information. As the risk of overstraining an 
10 electrodynamic transducer is particularly relevant for the lower frequency range of an 
audio signal, the level of an audio signal may in a preferred embodiment of the present 
invmtion be determined from a current amplitude of from a current mergy content of a 
lower frequency range of the audio signal. 

15 Hie cut-^ff frequracy of the high pass filter is preferably shifted proportional to the 
square root of the audio signal peak amplitude or is shifted proportional to the square 
root of the root mean square value of the audio frequency signal to compensate for the 
membrane behaviour, the oscillations amplitude of which changes proportional to the 
square of the level of the audio signal at low frequoicies. 

20 

To achieve a flat frequency response particularly for higher level audio signals, the 
modifying means may further be implemented with a frequency range selective gain 
control for decreasing the gairi.^of a higher frequency range of the audio signal 
corresponding to a decrease in the level of the audio signal, which is particularly useful 
25 in combination with electrodynamic transducers showing a relatively high mechanical 
resonance frequency. 

The modifying means is preferably equipped with a frequ^cy range selective gain 
control for decreasing the gain of the lower frequency range of the audio signal 
30 corresponding to an increase in the level of the audio signal. In this way, a lower edge 
frequency can be used without Mdangering the electrodynamic transducer, and further, 
the lower frequency signal range is still present even at a reduced level resulting in an 
improved sound quality. 

35 The modifying means may furttier be implemented witii the gain in the lower frequency 
range of the audio signal being indqiendent of the volume setting, thus allowing a 
treatment of the low frequencies indq>mdent of a user control. The gain for the lower 
frequency range of the audio signal may hereby be kept at a constant value or may 
decrease for a increasing level of the audio signal, whereby the gain for; the lower 
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fi:equency range may preferably be higher than that for the higher frequency range of 
the audio signal. 

To achieve a precise adaptation of the frequency response of an audio signal with 
5 respect to the transducing charact^stic of an electrodynamic transducer, a level of the 
audio signal strength information is determined according to the electro-mechanical 
properties of the electrodynamic transducer. 

For an effective ad^tation to the oscillation behavioiu: of the membrane of an 
10 electrodynamic transducer, the cut-off ste^ness of a filter and/or of a frequmcy range 
progresses approximately with the square of die frequency. 

In the following desoiption, the present invention is explained in more detail with 
respect to special embodiments and in relation to the enclosed drawings, in which 
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Fig. 1 is a block diagram illustrating the logical arrangement of a system 
according to the invention. 



20 



Fig. 2 is a graphical representation of a femily of frequency responses of a high 
pass filter with a relocatable cut-off frequency. 



Fig. 3a is a graphical representation of a family of frequ^cy responses achieved 
with a high pass filter showing a variable gain in its lower frequrac/ range. 



25 



Fig. 3b is a graphical representation of a family of frequ^icy responses for a 
high pass filter with a variable, with firequency gradually increasing gain in its 
lower frequancy range. 



30 



Fig. 4a shows a femily of frequency responses for a high pass filter combining a 
r^ocatable cut-off fiiequency with an variable gain in its lower frequ^cy range. 



Fig. 4b shows a family of frequency responses of a high pass filter with 
relocatable cut-off frequency and a variable and with frequency increasing gain 
in the lower frequency range, 



35 



Fig. 5a shows the frequency response of an electrodynamic transducer. 
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Fig. 5b shows the family of frequency responses of a frequrac^ xesponse 
modification miit according to the present invention lowering the gain of die 
higher frequency range of an audio sdgnal with ina^asing signal strength. 



Fig. 5c shows the family of frequ^cy responses obtained for combining an 
electrodynamic transducer according to Fig. 5a with a frequency response 
modification means according to Fig. 5b, 



Fig. 5d shows the family of frequency responses of a frequency response 
10 modification unit according to the present invention lowering the gain of the 

lower frequency range to a lesser extend than that of flie higher frequency range 
of an audio signal wiUi decreasing signal sti^igth. 

Fig. 5e shows the family of frequency responses obtained for combining an 
15 electrodynamic transducer according to Fig. 5a witii a frequency response 

modification means according to Fig. 5d, 

Fig. 6 is a block-schematic circuit diagram with an adaptive modification of a 
signal frequracy response based on a volume setting on the mobile 
20 telecommunication terminal. 

Fig. 7 is a block-sch^natic circuit diagram of an adaptive modification of a 
signal frequency re^onse based on a current level determination of an audio 
signal as a whole, 

25 

Fig. 8 is a block-sdiematic circuit diagram of an adaptive modification of a 
signal frequency response based on a current signal sbengtfa information 
determination of a low^ frequency range of the audio signal, and 

30 Fig. 9 is a block-schematic circuit diagram of an adaptive modification of a 

signal frequency response -weighting the audio signal according to the electro- 
mechanical properties of the dectrodynamic transducer used. 



Witii reference to Fig. 1, there is shown a block-schematic diagram illustrating the 
35 logical anangement allowing an adaptation of an audio signal frequency response based 
on a signal, stirengtii information derived from the level of an audio signal to tiie 
tiansdudng characteristic of an electrodynamic transducer. An audio signal is provided 
by the audio frequency (AF) signal source 1 of a respective appliance like e.g. a mobile 
teleconupunication terminal for being modified with respect JO its frequency response ih 
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a modifying unit 3 before being supplied to a loudspeaker 4. A level determination 
unit 2 is connected to a control port of the modifying unit 3 for allowing an adaptation 
of the frequMicy resi)onse modifications to the level of the AF signal. The adaptation of 
the frequency response is ^ically effected by a gain control unit implemented within 
5 the modifying unit 3, which transforms the signal strength information into a frequency 
range selective gain of the modifying unit 3. The level determination may be based on a 
user setting or as indicated by the dashed line in Fig. 1 on a direct evaluation of the 
audio signal itself. 

10 As the oscillation amplitude of the membrane is related proportional to the inverse of 
die square of the signal frequency, the risk of overstraining flie membrane is 
particularly present for the lower frequency range of an AF signal. To prevent any 
signal distortion "when transducing ttie AF signal or even possible damage to the 
transducer itself, the frequency componatits in the lower frequency range of the audio 

15 signal must therefore not exceed a certain level. For voice transmission in telephones, a 
• frequency range fix)m 300 to 3.400 s'^ is typically required. For music transmission, 
this firequency range is Qrpically extended to higher frequencies. The diamet^ of 
electrodynamic transducers which are used in mobile telecommunication terminals 
^ically measures around 10 to 20 mm. These transducers allow to set the resonant 

20 frequency of the membrane to values from around 500 up to 2A(f s"\ While an 
electrodynamic transducer with a resonant frequency of the membrane of around 500 s"* 
shows a sufficient sound quality but at a low dynamic range, a transducer with a 
resonant frequesicy aroimd 2.10^ s'^ shows a poor sound quality but provides a high 
dynamic range, l&cceedmg the signal intensity tolerable for an electrodynamic 

25 transducer with a low value of its resonant frequOTcy beyond the limit given by the 
maximum signal inteni^ty allowed at lower frequencies around the resonant frequency 
will reproduce a distorted or clipped sound signal. It is therefore desirable to attmuate 
the frequency components of an AF signal relative to its higher frequency components 
at high levels of an AF signal. For low enough levels of an audio signal, no risk of 

30 overstraining the transducer is given, so that the full frequency range of the transduce 
can be used giving a flat frequency response. 

A high pass filter, the cut-off frequency of which is shifted to higher frequencies for 
increasing levels of a respective audio signal, can be used to this effect The shift of the 
35 cut-off frequency can be effected continuously or in discrete st^s. In Fig. 2, a frunily 
of frequency response curves showing the relative gain of a respective high pass filter 
versus the frequ^cy is shown. For low level audio signals, the cut-off frequency of the 
high pass filter is more or less identical with the resonant frequency f^ of the 
electrodynamic transducer used, or even lower (see line 21). For the level of an AF 
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signal approaching a certain critical limit, the cut-off fteqamcy is shifted to high» 
values (lines 22, 23, 24) up to a limit frequency f, (line 25) which ensures that the 
membrane of the electrodynamic transducer 4 will not be overloaded. The risk of 
overloading the membrane decreases rapidly with increasing fi^equency due to the 
5 inversely proportional relation between the oscillation amplitude of the m^nbxane and 
the square of the AF signal frequency. An upper limit for the cut-ofif frequency f, can 
therefore be set. 



Further, the cut-o£f frequency of the high pass fflter is shifted preferably proportional to 
10 the square root of the level of an AF signal for exacfly compensating the membrane 
behaviour. By shifting the cut-off frequency of a high pass filter according to the above 
described, the lower frequencies of die audio signals aie attenuated progressively with 
an increasing level of the AF signal compared to the higher , components of the audio 
signal. 

15 

In an alternative approach, a high pass filter is used in combination with an equalizer 
filter allowing to adjust the gain in the lower frequency range of the mter combination. 
The frequency ranges of both filters overlap in the lower frequency range of the audio 
signal. A femily of frequency responses for a first example of a respective filter 

20 combination is shown in Fig. 3a. The cut-off frequency of the high pass filter is set 
approximately to the resonant fi^quency f, of the electrodynamic transducer. The gain 
of the equalizer filter, which is constant across a lower portion of its frequency range, 
is set to a value of 1 for Iqw. level AF signals. For signal strength information 
rq)resenling an audio signal level above a critical threshold, the low frequency gain of 

25 the equalizer filter is continuously bdng decreased. The fi^iuency responses shown in 
Fig 3a refer to gain fectors of gt=l, g,, g,, and g,. By reducing the low frequency 
gain fectors of the equalizer filter^ the cut-off fi^quency of the filter combination is 
shifted to higher firequencies. Line 31a Tq>resenting a gain fector of about 1 shows a 
cut-off frequency f^, which is approximately equal to the resonant frequency of the 

30 electrodynamic loudspeaker. The frequency response line 32a representing a gain fector 
ga shows an edge frequency ata significanfly higher value, Hne 33a representing the 
frequency response for a gain fector g, a even higher edge frequency f^, line 34a 
representing the frequency response for a gain fector g4 a even higher edge frequency 
fg4, and the frequency response curve 35a shows the highest edge heqaency f^ . 

35 

Alternatively hereto, a shallow high pass filter with a frequency response shown in 
Hg. 3b can be used. Like for the filter combination described above, the edge 
frequency of the filter combination is shifted to higher frequencies for a signal strength 
infoririation rdating to an incr^sisd AF signsfl levd, so that the lower ftequepcies of an ■ ' 
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audio signal can be attenuated effectively for higher levels of the audio signal. The cut- 
off sleq)ness of the filter combination can be varied by varying the edge firequency of 
the shallow high pass filter. The tfius achieved gradual transition fix>m tiie high to the 
low frequency range of tiie filta: combination riders a smooth transition in the 
5 modification of tiie AF signal frequency response hereby improving tiie sound quality. 

Figs. 4a and 4b show the family of firequency responses for filter combinations using a 
high pass filter witii adjustable cut-off frequency like tiiat of Fig. 2 witii an equalizer or 
shallow high pass filter according to Fig. 3a or Fig. 3b, respectivdy. These 

10 combinations allow to adjust ttie signal level of the lower firequency range of tiie audio 
signal to values which are safe for tiie dectiwlynamic tiansducer used witiiout cutting 
off tiie lower ftequendes completely. The shift of tiie cut-off frequency (^i to ^ is in 
botii cases a result of a shift of flie cut-off frequency of tiie high pass fUtec 
superimposed by a variation of flie equalizer or shallow high pass filter gain or edge 

15 frequency, respectively, as can be seen ficom the frequency response lines 41a to 45a 
and 41b to 45b. The filtering metiiods described up to now apply particularly for 
electiodynaniic transducers witii a low resonant frequency like e.g. around 500 s'*, 
which are particularly suited to provide a good sound quality but at comparatively low 
sound levels as high signal intensities in tiie firequency range around the resonant 

20 ftequency would overload the membrane excursion if not treated in a way described. 

When an electrodynamic transducer witii a resonant ftequency of around 1.10? s^* is 
used,, tiie lower frequency range of tiie audio signal below 1 Kilohertz is attenuated 
automatically by tfie transducer, so tiiat practically no risk of overstraining flie 
25 transducer exists. But at lower levels of an AF signal, not flie whole range of the 
membrane excursion possible is utilised. The unused capability of flie tiransduc^ can be 
fiivourably utilised for extending flie tiansmitted firequency range bdow the resonant 
ftequoicy, thus improving tiie sound quality. 

30 For an improved sound quality of a respective audio system wifli a high resonant 
frequency tiansducer, flie frequency components of tiie AF signal below the resonant 
ftequency have to undergo a higher gain flian tiie frequency range above tiie resonant 
frequ^cy. The diagram of Fig. 5a shows a frequency response of a transducer with a 
resonant frequency f, of for instance l.l(fs\ The diagram of Fig. 5b shows a femily of 

35 frequency response lines 51b to 55b of a filter combination using a low pass or band 
pass filter for tiie frequency range below f, and a high pass filter witfi a cut-off 
frequency around tiie resonant frequency of ttie transducer ^, The gain of the high pass 
filter can be reduced according to a reduction of the volume setting. The steepness of 
the frequency response at the transition from the low pass or band pass filtrar to the high 
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pass filter is preferably inverse to; the cut-off steq>ness of die transducer's frequency 
response. The family of frequaicy responses 51c to 55c for Ifae overaU system 
consisting of the filter combination according to the diagram of Fig. 5b and the 
transducer according to the diagram of Fig. 5a is shown in the diagram of Fig. 5c. By 
attenuating the higher firequency range of the AF signal above the resonant frequency 
fr=fgi progressively with a decrease of the volume setting or a respective change in the 
audio signal strength information and retaining the gain below tiie resonant frequency, 
the cut-off frequency of the overaU audio system is progressively extended to lower 
fi«quencies m f^g with a reduced level of the audio signal, resulting in a flat 
frequency response improving the sound quality of the overaU system. The same result 
can also be obtained with any filter or combination of filters having a femily of 
frequency response lines 51b to 55b. 



Alternatively, the fi^quency range of an audio system using a high resonant frequency 
transducer may be extended below the resonant frequency of the transducer by 
combining a high pass filter, the gain of which is controlled by a signal strength 
information particularly related to the high fi«quency audio signal components with a 
low pass filter having a gain controlled by a signal strength information exclusively 
r^resenting the AF signal energy of the lower frequency portion, i.e. the frequency 
range below the resonant frequency of the transducer 4. The signal strength information 
for the higher frequencies may preferably be obtained firom the volume setting on the 
respective device, while that for the lower fi^quencies is either a constant or is 
evaluated and provided by an ^piopriate level determination unit 2 evaluating the level 
of the audio signal portion bdlow the aforementioned resonant frequency. 

A first example for a frequency response behaviour of a respective filter combination 
with the low pass filter operated at constant gain is shown in Fig. 5b. For a signal 
strength information r^resenting a high audio output level, a flat response according to 
line 51b is obtained. When the signal strength information for the higher frequency 
portion changes according to a decreasing level of this signal portion, a frequency 
response like e.g. that of line 52b is obtained. For even lower levels of the high 
frequency signal portion, the frequency response of the filter combination will be dose 
to or like one of the lines 53b to 55b. By combining this femily of frequency responses 
51b to 55b with the frequency response line for the transducer of Fig. 5a, a femily of 
firequency response lines 51c to 55c shown in Fig. 5c is obtained for the overall audio 
system. As the steqpness of the high pass filter is inversely proportional to the edge of 
the ttansducer's ftequency response, the edge frequency of the overaU audio system is 
shifted to lower frequencies for lower sound levels thereby improving the sound quality 
of the system. 
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A second example for a ftequency response bdiaviour of a ieq)ectiye filter combination 
having the gain of the low pass filter controlled by the signal strength information 
represaiting the low ftequency portion of the AF signal is shown in Fig. 5d. While the 
gain of the filter combination above the resonant frequency of the transducer is set 
according to the reading of the volume setting, the gain of the audio signal's frequency 
conqwnents below the resonant frequency is adjusted according to the energy content or 
the ampUtude of the audio signal. The respective signal strength information therefore 
consists of two values, a first one for controlling the frequendes above the resonant 
frequency of the transducer and a second one for controlUng the frequendes bdow that 
resonant frequency. Both values are determined ind^ndent from each other, the first 
one from a reading of the volume setting, the second one from a signal strength 
evaluation. 

For shifting flie edge frequency of the overall audio system to lower fi«quendes at 
reduced volume settings; the gain of the low frequency signal portion below the 
resonant frequency of the transducer is preferably regulated in such a way that its value 
is set somewhat higher than that of the frequendes above that resonant frequency. The 
di^ence in the gain of the two filter sections may further be increased with a 
decreasing overaU gain of the filter combination. This is illustrated by the frequency 
response lines 51d to 55d for the filter combination. As tiie steepness of the edge 
between the two filter sections is advantageously inversely proportional to the ste^ess 
of tiie transducers frequency response, tiie frequency range of the overaU audio system 
is flatly extended to lower frequendes as can be seen from the frequency response lines 
51e to 55e in Fig. 5e, which are obtained by combining line 51a of Fig. 5a with the 
respective lines 5 Id to 55d of Fig. 5d. 

The prindples of the invention have been described witii respect to a tiansducer having 
a resonant frequency close to die lower range and a transducer having a resonant 
frequency in the mid-range of die audio frequency band. In practice, tiie described 
adaptation processes can also be used in combination witii an electiwdynamic faransduoer 
showing a resonant frequency between tiie two extremes. Combining botii adaptation 
processes means on tfie one hand tiiat die lower frequency contents of an audio signal 
will be attenuated when tiie signal strengtii information derived &om these components 
teach a certain tiireshold above which signal distortions have to be expected, and on the 
otiier hand it means tiiat tiie gain of tiie lower firequency components of flie audio signal 
will be increased when tiie signal stirengtii information indicates a reduction of tiie level 
of the audio agnal. 
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In a piefened embodiment of the piesent invention a filter combination comprising an 
equalizer and a high pass filter, both with adjustable gain, is used to ad^t an AF signal 
to the dectro-medianical pxopeities of an dectnxtynamic transducer of a mobile 
telecommunication terminal. The cut-off fieqyency of the high pass filter can thereby 
5 preferably be shifted in accordance to an increase or decease of the level of an AF 
signal as indicated in Fig. 2. 

The steepness of any of the filter edges of the filters described above is preferably 
proportional or inversely proportional to the square of tiie frequency as this reflects the 
1 0 low end slope of the speaker frequency response. 

The block-schematic circuit diagram of a first example of the present invention is 
shown in Fig. 6. The AF signal provided fiiom the audio signal source 1 of a mobile 
tdecommunication terminal is supplied to an adjustable anqjiifier 5, tiie gain of which is 

15 set by a user by means of a volume control 2. The ou^ut signal of the adjustable 
amplifier 5 is supplied to Oie frequency response modification unit 3 for ad^ting the 
finequency response of the amplified AF signal to the electro-mechanical properties of 
flie electrodynamic transducer 4, which converts the output of tiie modifying, unit 3 after 
amplification m power amplifier 9 into an audible sound signal. The frequency response 

20 modifying unit 3, or briefly modifying unit 3, houses a controllable filter element With 
a firequency response behaviour according to one of the represratations of Figs. 2 to 5. 
The setting of the volume control 2 serves as a measure for the AF signal intensity, and 
is supplied to a control porL.of the modifying unit 3 for adjusting • the frequency 
response modificatiwi. As the membrane excursion of the ^ectrodynamic transducer 4- 

25 is ai^ximately inversely proportional to the square of the frequency, flie cut-off 
frequency of the high pass filt« in the modifying unit 3 is preferably shifted 
proportional to the square root of the gain set in the adjustable amplifier S. 

The block-schematic circuit diagram of Fig. 7 shows a further control circuit according 
30 to the presKit invention having an automatic signal strength information determination. 
An AF signal originating from the audio signal source 1 undergoes an amplification by 
adjustable gain amplifier 5, the output of which is connected to the modifying means 3 
wherdn the signal is adapted to the electro-mechanical prop^lies of the electrodynamic 
transduce 4. The respective loudspeaker 4, driven by power amplifier 9 finally 
35 transduces then the processed signal into a respective sound signal. The output signal of 
the adjustable gain amplifier 5 is further supplied to the input of a level meter 6 which 
produces an output signal proportional to the actual signal amplitude measured. The 
output signal of the level meter 6 is thrai supplied as a control signal to the control port 
of tile modification unit 3 to effect the required modification of the' AF signal. This 



14 

contxol signal geneatated by the levd meter 6 may dther be based on the peak ampUtude 
or on the root mean square (rms) value of the AF signal. As the membrane excursion of 
the dectrodynamic transducer 4 is sqjptoximately inversdy proportional to the square of 
the frequency, the filter element's cut-off fiequency is prefietably shifted proportional to 
the square root of ttie peak or rms value of the ^gnal. 

The risk of overloading the dectrodynamic transducer 4 is mainly present at the lower 
frequency part of the AF signal around the resonant frequency of the transducer. A 
determination of an actual audio frequency level may therefore be favourably restricted 
to its lower frequency region. This can be accompUshed by a low pass filtering of the 
AF- signal with an appropriate low pass filter 7. The thus filtered AF signal is then 
suppUed to the level meter 6 as shown in the block-schematic circuit diagram of Fig. 8. 

Fig. 9 shows the block-schematic drcuit diagram of a further prefisned control drcuit 
according to the present invention. The automatic adaptation of the frequency reqwnse 
of an AF signal to the dectio-mechanical properties of an dectrodynamic transducer 4 
is hereby based on a meddling of a transducer membrane oscillation behaviour. A filter 
means 8 preceding the levd meter 6 is put to this effect in the control path of the 
circuitry. The frequency response of the fflter means 8 conversely rq>roduces the 
frequency dq)endence of the membrane oscillation ampUtude. The AF signal is thus 
weighted according to the electro-mechanical properties of the dectrodynamic 
transducer 4, and the signal strength information determined by the subsequent levd 
meter 6 corresponds exactly to the membrane excursion. The filter means 8 may modd 
the oscillation amplitude behaviour by means of analogue or digital filtering 
implemented with discrete or integrated circuit dements. In order to establish a control 
loop for the limitation of the membrane excursion, the ^gnal provided to the input of 
the filter means 8 may also be derived from the ou^ of the modification miit 3. 

The signal levd determination means 6 may be integrated in the filter means 8 as 
indicated by the dashed line in Fig. 9. It may consist of analogue or digital calculations 
means to predict the expected membrane excursion according to the electro-mechanical 
properties of the dectrodynamic transducer. The modifying means 3 is then set by the 
mtsr means 8 sudi, that a predefined range of the membrane excursion is not exceeded. 

All filter elements of the proposed control drcuit like for instance the frequency 
response modification unit 3, the low pass filter? or the filtering means 8 may be 
implemented by analogue circuitry or by digital signal processing. 
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The method fbr a level dependent frequency setective adaptation of an audio signal to 
the electro-mechanical properties of an electrodynamic transduce which is earned out 
by the above explained examples, is illustrated in form of a flow chart in Hg. 10. The 
procedure starts with step SO. In a first step SI of the procedure, a volume setting 
5 information is obtained. The obtained information about the volume settmg is fhea used 
in a further step S5 to deteamine a signal strength information representing the level of 
the audio signal, alternatively to step SI, the audio signal can be weighted according to 
the properties of the transducer in step S2, by for instance modifying the frequency 
distribution of the audio signal with respect to the level reading obtained for the audio 

10 signal. Either the weighted audio signal obtained in step S2 or the unprocessed audio 
signal fiom step SO are then used to detemune the level of the (weighted) audio signal 
for the full signal range in a succeeduig stqp S3 or to determine the level of the 
(wdghted) audio signal fbr its low» frequency range in a succeeding step S4. The level 
of the (wdghted) audio signal obtained in st^ S4 or S5 can th«i be used in step S5 to 

15 d^ermine a signal strength information represrating the level of die audio signal. It is 
to be noted that the step S2* corresponds to the embodimait of the present invention 
explained with i^eferaice to Fig. 9. 

Wifli a signal strength information value determined in step SI, the frequency 
20 distribution of the audio signal is modified based on the obtained value. Piindtpally, the 
lower firequency range of the audio signal is h^eby treated with a gain diff^nt to the 
gain for its higher firequency range, whereby the frequency separating the lower 
firequency range firom the higher fi»quency range of the audio signal is shifted towards 
higho- values for an incaeasing lesv€k of the audio signal, and towards lower values for a 
26 decreasing levd of the audio signal. This may be effected by shifting the edge 
frequou^ of a high pass filter iq> or down for in(aeasmg or deoceadng values of the 
audio signal respectively in st^ S6, or by sppmpnateiy adjusting the gain for the lower 
frequency range in step S7, or by modifying the firequency distribution of the audio 
signal by adjusting the gain for the higher fi^quency range in step S8. Each of the steps 
30 S6, S7 and S8 can be performed durectly after step S5, or steps S6 and S7 or steps S6, 
S7 and S8 can be performed one after another. Either after step S6, or step S7, or step 
S8, the procedure returns to step SO. 

Alteraativdy, the method wiU modify the frequency distribution of the audio signal by 
35 adjusting the gain for the higher fi«quency range in step S9. A step which can also be 
combined with the aforementioned step S7, thus resulting in one of the frequency 
responses shown in Fig. 5d to 5f. 




16 

The technical implementation of the method according to Fig. 10 may be realised by a 
dicuitiy according to one of Fig. 6 to 9 or by a software stored in a storage means of 
an appliance with a respective audio system when being executed by a processing unit 
of the ^liance. When the software is executed by the processing unit, the method 
explained above is carried into effect whereby the underlying switching operations 
r^roduce the properties of the aforementioned circuitry. 

The present invention is particularly useful for improving the sound quaUty of mobile 
telecommunication devices using small dectrodynamic transducers. 
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1 . Control circuit for a signal strength information dependent fiequency response 
adaptation of an audio signal for an electrodynamic transducer (4), witli 
10 - a signal strength information determination means (2, 6) for determining a signal 
strength information according to the level of the audio signal, and 
- a modifying means (3) for frequaicy selectively modifying the audio signal in 
response to the signal strength information such, that the dectrodynamic transducer 
(4) converts the audio signal into a low distortion sound signal for high levels of an 
1 5 audio signal and with a flat frequraicy response for low levels of an audio signal, 

whereby a lower frequency range of the audio signal is modified with a gain different to 
a gain of a higher frequentgr range of the audio signal, and a fi«quency (f^i, f^, f^,, f^^, 
fgs) separating tiie lower £cequency range fitom the higher freqa&a.cy tsaiga is shifted 
towards higher values for an increasing level of the audio signal and towards lower 
20 values for a decxeawag l&vel of the audio signal. 

2. Control circuit according to claim 1 , 
diaracterised in 

that the modifying means (3) comprises a high-pass filter, the cut-off frequency (f^i, f^,, 
2S fg3, ^4* fgs) of which is shifted towards higher frequencies for increasing levels of the 
audio signal and is shifted towards lower ftequendes for decreasing levels of the andio 
signal. 



3. Control circuit according to claim 1 or 2, 
30 characterised in 

that the level of the audio signal is defined by a volume setting. 

4. Control circuit according to claim 1 or 2, 
diaracterised in 

35 that the level of the audio signal is determined ftom a current amplitude or from a 

current enagy content of the audio signal with respect to the fiiH fiequaicy range of the 
audio signal. 



40 



5. Control circuit acc(nding to claim 1 or 2, 
diaract^sed in . 
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that the level of the audio signal is detennined from a cuirent amplitude or from a 
cunent energy content of a lower frequency range of the audio signal. 

6. Control dicuit according to claim 2, 
5 diaract^sed in 

that the cut-off frequency of the high pass fflter is shifted proportional to the square root 
of the audio signal peak amplitude. 

7. Control circuit according to claim 2, 
10 charact^ised in 

that the cut-off frequency of the high pass filter is shifted proportional to the square root 
of the root mean square value of the audio firequency signal. 

8. Control circuit according to one of the claims 1 to 7, 
15 characterised in 

that the modifying means (3) comprises a firequency range sdective gain control for 
decreaang the gain of the higher firequency range of the audio signal corres^wnding to a 
' decrease in the v<dume setting. 

20 9. Control circuit according to one of the claims 1 to 8, 
charactmsed in 

that the modifying means (3) comprises a frequency range selective gain control for 
decreasing the gain of the lower frequency range of the audio signal corresponding to 
an increase in the level of the audio signal. 

25 

10. Control circuit according to claim 8, 
characterised in 

that the gain of the modifying means (3) in the lower frequency range of the audio 
signal is indepoident of the volume setting. 

30 

11. Control drcuit according to claim 10, 
characterised in 

that the gain of the modifying means (3) in the lower frequency range of the audio 
signal has a constant value or decreases for a decreasing level of the audio signal, the 
35 gain being higher than for the higher frequency range of the audio signal. 



12. Control circuit according to one of the claims 1 to 1 1, 
charact^sed in 
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that a level of the audio signal is determined according to the electro-mechanical 
properties of tiie electrodynamic transducer (4). 

13. Control circuit according to one of the claims 1 to 12, 
5 characterised in 

that the cut-off ste^ness of a filter and/or of a frequency range progresses 
approximately with the square of the frequency. 

14. Method for a signal strength information dei)endent frequency response adaptation 
10 of an audio signal for an electro-dynamic transduce (4), comprising the following 

steps: 

- determining a signal strength information according to the level of the audio signal, 
and 

- frequOTcy selectively modifying the audio signal in response to the signal strength 
15 information such, that the electro-dynamic transducer (4) converts the audio signal 

into a low distortion soimd signal for high levels of an audio signal and with a flat 

frequency response for low levels of an audio signal, 
whereby a lower frequency range of the audio signal is modified with a gain different to 
a gain of a higher frequency range of the audio signal, and a frequency (f^^, f^, f^, f^^ . 
20 fgs) separating the lower frequmcy range from the higher frequency range is shifted 
towards higher values for an increasing level of the audio signal and towards lower 
values for a dean^sing level of the audio signal. 

15. Method according to claim 14, 
25 characterised in 

that the method comprises a step for defining the level of the audio signal by reading a 
volume setting. 

16. Method according to claim 14, 
30 characterised in 

that the method comprises a step determining the level of the audio signal from a 
current amplitude or from a ament energy content of the audio signal with respect to 
the fiill frequency range of flie audio signal. 

35 17. Method according to claim 14, 
characterised in 

that the method comprises a step for determining the level of the audio signal from a 
current amplitude or from a current energy content of a lower frequency range of the 
audio signal. / ; i 
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18. Method according to daim 14, 
dbaiacterised in 

that the method comprises a st^ for shifting the frequency separating tiie lower 
5 frequency range ftom Ihe higher frequency range proportional to the square root of the 
audio signal peak amplitude. 

19. Method according to daim 14, 
characterised in 

10 that the method comprises a step for shifting the frequency separating the lower 

frequency range from the higher frequency range proportional to the square root of the 
root mean square value of the audio frequCTcy ^gnal. 

20. Method according to one of the claims 14 to 19, 
15 characterised in 

that the method comprises a stq? for decreastag the gain of the higher frequency range 
of the audio signal corresponding to a decrease in the volume setting. 

21. Method according to one of the daims 14 to 20, 
20 diaracterised in 

that the method comprises a step for decreasing the gain of the lower frequency range 
of the audio signal corresponding to an increase in the levd of the audio signal. 

22. Method according to claim 20, 
25 characterised in 

that the method comprises a step for controlling the gain in the lower frequency range 
of the audio signal independent of the volume setting. 

23. ^fethod according to daim 22, 
30 characterised in 

that the method comprises a step ftw adjusting the gain in the lower frequency range of 
the audio signal at a constant value or by decreasing the value of the gain for an 
increasing levd of the audio signal, whereby the gain of the lower frequency range of 
the audio signal is adjusted to a higher value than that for the higher frequency range of 
35 the respective audio signal. 



24. Method according to CMie of the daims 14 to 23, 
characterised in 
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that the method comprises a stqp for weighting the level and the j&equency distribution 
of the audio signal according to the electro-mechanical properties of the electro- 
dynamic transducer (4). . 

25. Method according to cme of the claims 14 to 24, 
characterised in 

that the method comprises a step for controlling the transition in the gain from the 
lower frequency range to tiie higher frequency range sudi, that the steepness of the 
transition is set approximately proportional to the square of the frequency. 

26. Computer software product for use on an audio system, implementing a control 
circuit according to one of the claims 1 to 13 by processing a method according to one 
of the claims 14 to 25 whai being stored in a storage means and hemg executed by a 
processing means of the audio system. 

27. Mobile telecommunication terminal comprising a control <nrcuit according to one of 
the claims 1 to 13 for a level dependent fiequoicy selective adaptaticm of an audio 
signal to the electro-mechanical properties of an electrodynamic transducer operated by 
the mobile terminal. 

28. Mobile telecommunication terminai comprising a storage means and a processing 
means for executing a computer software product according to claim 26 for a level 
dependent frequency selective adaptation of an audio signal to the electro-mechanical^ 
properties of an electrodynamic transducer op^ted by the mobile terminal. 
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Abstract 

A control dicuit for a signal strmgfh information despondent frequency response 
10 adaptation of an audio signal for an electrodynamic transducer (4), with a signal 
strength uifomnation determination means (2, 6) for determining a signal strength 
information according to the level of the audio signal^ and a modifying means (3) for 
frequency selectively modifying the audio signal in response to the signal strength 
information such, that the electrodynamic transducer (4) converts the audio signal into a 
15 low distortion sound signal for high levels of an audio signal and with a flat frequmcy 
response for low levels of an audio signal, whereby a lower frequency range of the 
audio signal is modified with a gain different to a gain of a higher frequency range of 
the audio signal and a frequency separating the lower frequency range from the higher 
fcequCTicy range is shifted towards higher values for an increasing level of the audio 
20 signal and towards lower values for a decreasing level of the audio signal. The present 
invention further proposes a mobile telecommunication terminal with an accordingly 
designed control circuit 

(Figure?) 
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